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ABSTRACT 
 
 
 
                The approach employed in this study makes use of the multipath, when 
receiving signals in wireless communication system. Instead of being a source of 
noise in the receiving systems, it is possible now to use it to enhance the signal at 
the receiving end 
  The RAKE receiver is regarded as one of the most important receivers that can 
process these signals after the delay time in the signal paths is calculated, it aligns 
the component of received signals such that they have the same phase (in-phase), 
then it adds them together. 
       The SIMULINK, in MATLAB program has been used to simulate the RAKE 
receiver 
The study has been run for several cases such that in each case either the number 
of paths of signals or the RAKE fingerers is changed. 
In the first case there were two paths for the signal and three fingerers in the 
receiver .In the second case the number of fingerers increased to four and the 
signal improved over its status in case one.  
When the signal paths increased to three, with the number of fingerers remaining 
at three, the signal at receiver improved once again. When the number of fingerers 
was increased to four the signal improved once more  
It is noted that the increase in the number of the signal paths enhances the signal to 
a grater extent at the receiver.     
 
 
 
 
 
 
 
 
 
 
 اﻟﻤﺴﺘﺨﻠﺺ
 
 
 
 ﺗﻌﺘﻤﺪ هﺬﻩ اﻟﺮﺳﺎﻟﺔ  ﻋﻠﻰ اﻻﺳﺘﻔﺎدة ﻣﻦ ﺗﻌﺪد اﻟﻤﺴﺎرات ﻋﻨﺪ اﺳﺘﻘﺒﺎل اﻻﺷﺎرات ﻓﻰ اﻧﻈﻤﺔ اﻻﺗﺼﺎﻻت 
اﻟﻼﺳﻠﻜﻴﺔ  ﻓﺒﻌﺪ ان آﺎن ﺗﻌﺪد اﻟﻤﺴﺎرات ﻳﺸﻜﻞ ﺿﺠﻴﺠﺎ ﻓﻰ اﻧﻈﻤﺔ اﻻﺳﺘﻘﺒﺎل اﻣﻜﻦ اﻻن اﺿﺎﻓﺘﻬﺎ ﻟﺘﻘﻮى 
 ﻣﻦ اﻻﺷﺎرة ﻋﻨﺪ اﺳﺘﻘﺒﺎﻟﻬﺎ 
اﻻﺳﺘﻘﺒﺎل اﻟﺘﻰ ﻳﻤﻜﻦ ﻣﻌﻬﺎ ﻣﻌﺎﻟﺠﺔ هﺬﻩ اﻻﺷﺎرات ﻓﺒﻌﺪ ﻣﻌﺮﻓﺔ ﻣﻦ اهﻢ أﺟﻬﺰة (  ﻣﺴﺘﻘﺒﻞ اﻟﻤﻜﻨﺲ)ﻳﻌﺘﺒﺮ 
ﻣﺪى اﻟﺘﺎﺧﻴﺮ اﻟﺬى ﻳﺤﺪث ﻓﻰ ﻣﺴﺎرات اﻻﺷﺎرة  ﻳﻌﻤﻞ ﻋﻠﻰ ﻣﺤﺎزاة ﻣﻜﻮﻧﺎﺗﻬﺎ ﻟﻴﺼﺒﺢ ﻟﻬﺎ ﻧﻔﺲ اﻟﻄﻮر ﺛﻢ 
 ﻳﺘﻢ ﺟﻤﻌﻬﺎ
 اﺳﺘﺨﺪﻣﺖ ﻟﻐﺔ اﻟﻤﺎﺗﻼب ﻟﻤﺤﺎآﺎة اﻟﻤﺴﺘﻘﺒﻞ ﻋﻦ ﻃﺮﻳﻖ وﺣﺪة اﻟﻤﺤﺎآﺎة
 آﻞ ﺣﺎﻟﺔ اﻣﺎ ﺑﺘﻐﻴﻴﺮ ﻋﺪد ادوات اﻻﻧﺘﻘﺎء ﻓﻔﻰ اﻟﺤﺎﻟﺔ وﻗﺪ أﺟﺮﻳﺖ اﻟﺪراﺳﺔ ﻟﻌﺪة ﺣﺎﻻت ﺑﺤﻴﺚ ﻧﻘﻮم ﻓﻰ
اﻻوﻟﻰ آﺎﻧﺖ هﻨﺎك ﻣﺴﺎران ﻟﻼﺷﺎرة ﻣﻊ ﺛﻼﺛﺔ ادوات اﻧﺘﻘﺎء وﻓﻰ اﻟﺤﺎﻟﺔاﻟﺜﺎﻧﻴﺔ زدﻧﺎ ادوات اﻻﻧﺘﻘﺎء اﻟﻰ 
 ارﺑﻊ ﻓﺘﺤﺴﻨﺖ اﻻﺷﺎرﻩ ﻋﻦ ﺳﺎﺑﻘﺘﻬﺎ ﻓﻰ اﻟﺤﺎﻟﺔ اﻻوﻟﻰ
ﻘﺎء ﺗﺤﺴﻨﺖ اﻻﺷﺎرة ﻋﻨﺪ وﻋﻨﺪﻣﺎ زادت ﻣﺴﺎرات اﻻﺷﺎرة ﻟﺘﺼﺒﺢ ﺛﻼث ﻣﺴﺎرات ﻣﻊ ﺛﻼث أدوات اﻧﺘ
 اﻟﻤﺴﺘﻘﺒﻞ ﻣﺮة اﺧﺮى ، وﺗﺤﺴﻨﺖ ﻣﺮة أﺧﺮى أﻳﻀﺎ ﻋﻨﺪﻣﺎ زادت ادوات اﻻﻧﺘﻘﺎء اﻟﻰ ارﺑﻊ
 وﻗﺪ ﻟﻮﺣﻆ أن اﻟﺘﻐﻴﻴﺮ ﻓﻰ ﻋﺪد ﻣﺴﺎرات اﻻﺷﺎرة ﻳﺰﻳﺪ ﻣﻦ ﺗﺤﺴﻴﻦ اﻻﺷﺎرﻩ ﺑﺼﻮرﻩ اآﺒﺮ
 
 
 
 
 
 
 
 
 
 
 
 
CHAPTER ONE 
INTODUCTION 
        This Thesis discusses the design, modeling, simulation, and analysis of a RAKE 
receiver over a multi-path fading channel  
1-1 Research Problem 
          One of the major troubles in all wireless communication systems is the multipath. 
A signal travels from transmitter to receiver over multiple reflective paths; this 
phenomenon is referred to as multi-path propagation, the effect can cause fluctuation in 
the received signal’s amplitude. The signal not only passes through a multi-path channel 
but also is attenuated, so in order to receive the signal appropriately we must use some 
statistical modeling of the channel’s noise and amplify the signal. Since WCDMA 
(Wideband Code Division Multiple Access) uses spread spectrum it can actually use the 
multipath in order to improve the receiving performance. This receiver is called the 
Rake Receiver 
            The RAKE receiver overcomes multipath by receiving signals on different paths 
and combining them to produce one clear signal that is stronger than the individual 
components 
1-2  The Rake Receiver 
            RAKE receiver will be used as the receiver of choice. In a RAKE receiver, each 
path of a signal is called a finger ,one RAKE finger is assigned to each multipath, thus 
maximizing the amount of received signal energy. Each of these different paths is 
combined to form a composite signal that is expected to have substantially better 
characteristics for the purpose of demodulation than just the single path. In order to 
combine the different paths meaningfully, the RAKE receiver needs the knowledge of 
channel parameters such as, number of paths, their location (in the delay domain) and 
(complex-valued) attenuation. 
1-3 The Received Signal 
              As mentioned before, the Rake Receiver combines few paths when decoding 
the signal, and when estimating its energy.  
In a W-CDMA receiver the following steps take place (excluding the error correction 
coding): 
1. Descrambling: Received signals are multiplied by the scrambling code and 
delayed versions of the scrambling code. The delays are determined by a path 
searcher prior to descrambling. Each delay corresponds to a separate multi-path 
that will eventually be combined by the Rake receiver.  
2. Despreading: The descrambled data of each path are despread by simply 
multiplying the descrambled data by the spreading code.  
3. Integration and dump: The despread data is then integrated over one symbol 
period, giving one complex sample output per quadrature phase-shift keying 
(QPSK) symbol. This process is carried out for all the paths that will be combined 
by the RAKE receiver.  
4. The same symbols obtained via different paths are then combined together using 
the corresponding channel information using a combining scheme like maximum 
ratio combing (MRC).  
5. The combined outputs are then sent to a simple decision device to decide on the 
transmitted bits. 
 
 
1-4 Channel Effects 
      There are many other effects, which must be taken into account when trying to 
receive the signal. (1) 
 
 
1-4-1 The Near-Far Effect:  
       When a UE (user equipment) is close to the base station it is controlled to transmit 
in a lower power, otherwise, it would block all mobiles, which are far away. 
There are two types of power control principles: 
1. The open loop - measures the bit error rate, and adjusts accordingly. 
2. The closed loop - measures the SNR and sends command back and forth to the base 
station.  
1-4-2 Handover 
  Is another major problem, when a mobile moves between cells a handover must be 
made .There are three methods to that; the hard handover, the soft handover and softer 
handover 
 
1-5  Synchronization 
            The receiver must employ some kind of synchronization in order to receive the 
signal.  
It is done in two steps:  
1. Acquisition - bringing the signal into coarse alignment. Once this is done the second 
step takes over. 
2. Tracking - this is a fine synchronization since the carrier frequency and phase are 
unknown, a non-coherent code tracking loop is used to track the received PN code.  
This tracking is done by an early late tracking loop, also known as delay locked loop 
(DLL). 
1-6  Receiver Designs 
                 In this Thesis we handle a model for wireless communication, our goal is to 
construct a model that deals with multipath fading channel .The configuration of this 
model is shown in Figure (1-1)  
 
Figure 1-1 
Receiver Design 
 
 We  have simulated this model by using MATLAB v 6.5 to arrive at the required results  
 
noise
Multi-path 
fading channel 
                                RAKE RECEIVER 
Transmitter 
Bank of 
Correlators 
Selector Tracking 
Loop 
Combiner 
Received 
Signal 
 CHAPTER TWO 
Code Division Multiple Access: Spread Spectrum Techniques 
2-1  Generation of Mobile system 
2-1-1 The First and Second Generation 
      The first cellular phones were analog systems. They were invented at the early 80’s, 
and were called first generation. Their abilities were limited, so they could only transmit 
voice and receive voice. Another major limitation was in the fact that those systems used 
circuit-switching technologies, so no data transmission could pass. The major concept 
that was introduced was the cell concept. 
In order to increase the number of users, the area of the transmission must be limited so 
that it will not collide with other frequencies far away. 
At the early 90’s a new generation was introduced, the second generation. The major 
motivation for this generation was the will to increase system capabilities. Now, the 
voice was digitized and compressed, but the system still used circuit-switching 
technologies. 
2-1-2  2.5G and 3G – The Third Generation  
The next step of evolution was the third generation. Data rate could reach as high as 
2Mbps; the systems started using a concept that is known as packet switching. So beside 
the fact that cellular could digitize voices and transmit it as data; it could also receive 
written data such as Internet and SMS using packet switching. This system was designed 
especially for multimedia communication. Not all communication providers were sure 
about the real need of 3G, so a new generation, called 2.5 generation was introduced. 
These systems use a higher bit rate than in the 2nd generation and works well on 
infrastructures of second generation. Some known methods are GPRS, EDGE 
technologies (for GSM). And also is WCDMA .  
By the end of 2005 all data of WCDMA will be transmitted by packet switching, thus a 
full deployment of WCDMA infrastructure is needed. 
One of the most significant 3G frameworks is the, Universal Mobile Telecommunication 
Systems (UMTS). This system will combine all air interfaces into one family of 
standards, thus increase the data capabilities.  
One method of this standard is called WCDMA or wideband code division multiple 
access.  
2-2  Code Division Multiple Access (CDMA)  
         Code Division Multiple Access is based on the principle that each subscriber is 
assigned a unique code that can be used by the system to distinguish that user from all 
other users transmitting simultaneously over the same frequency band. There are several 
techniques that have been considered for mobile radio CDMA communications, 
including:  
• Frequency-Hopping Spread Spectrum (FH/SS) 
• Time-Hopped Spread Spectrum (TH/SS) 
• Direct Sequence Spread Spectrum (DS/SS) [ 2] 
2−2−1  Frequency-Hopping Spread Spectrum  
In a frequency-hopping system the signal frequency is constant for specified time 
duration, referred to as a time chip Tc. It is frequently convenient to categorize 
frequency-hopping systems as either “fast-hop” or “slow-hop”, since there is a 
considerable difference in performance for these two types of systems. A fast-hop 
system is usually considered to be one in which the frequency-hopping takes place at a 
rate that is greater than the message bit rate. In a slow-hop system, the hop rate is less 
than the message bit rate. 
 
 
2−2−2  Time-Hopped Spread Spectrum  
       In a time-hopping system the transmission time is divided into intervals known as 
frames. Each frame is divided into M time slots. During each frame one and only one 
time slot will be modulated with a message. All of the message bits accumulated in the 
previous frame are transmitted in a burst during the selected time slot. 
2-2-3 Direct Sequence Spread Spectrum  
In a direct sequence system, the transmitted base band signal is multiplied by a pseudo 
noise code digital stream. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 2-1 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 2-2 
CDMA Direct Sequence Transmitter 
 
 
 
 
 
 
 
 
 
 
 
Figure 2-3 
 
 
 
 
 
 
 
 
 
 
 
Figure 2-4 
CDMA Direct Sequence Receiver 
   
      To recover the original data the received signal is multiplied with a locally generated 
PN sequence c(t) that is an exact replica of that used in the transmitter  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
CHAPTER THREE 
FADING CHANNEL 
      3-1 Fading Channel Characteristics 
         A mobile wireless environment provides several unique challenges to 
reliable communication not found in wired networks. One of the most important 
of these is the time varying nature of the channel, due to effects such as multi 
path fading, shadowing, and path losses. A general strategy to combat these 
detrimental effects is through the dynamic allocation of resources based on the 
states of the channels of the users. Such resources may include transmitter 
power, allocated bandwidth, and bit rates.. 
In radio communication transmission two kinds of fading generally occur (5) 
3 -1-1 LARGE-SCALE FADING AND SMALL –SCALE FADING 
Figure below represents an overview of fading channel manifestation  
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 3-1 Fading channel manifestation 
It starts with two types of fading effects that characterize mobile communication. Large-
scale and Small-scale fading 
Large-scale fading represents the average signal power attenuation or path loss due to 
motion over large areas. 
Small-scale fading refers to the changes in signal amplitude and phase, if the multiple 
reflective paths are large in number and there is no line-of-sight component is called a 
Rayleigh fading. When there is a dominant non fading signal component such as a line-
of-sight propagation path, the small scale fading envelope is described by a Rician 
fading. There are three basic mechanisms that impact signal propagation in mobile 
communication system; these are reflection, diffraction and scattering. 
A received signal r(t) is generally described in terms of a transmitted signal s(t) 
convolved with the impulse response of the channel h(t) . Neglecting the degradation due 
to noise we write: 
r(t) = s(t)*h(t) 
Where * denotes convolution. 
By defining  
 
 
 
 
The received signal becomes 
 
 
 
 
 
 
 
 
 
 
 
Figure 3-2  
 
The fading channel can be seen as a filter with time varying parameters and equivalent 
low pass impulse response  
3-2 Fading channel Modeling 
 
     Consider the block of radio communication system 
 
 
 
 
 
 
Figure 3-3 Fading channel Modeling 
 
This wireless communication system can be modeled as follows 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 3-4 Fading channel Modeling 
 
 
 
 
 
 
 
CHAPTER FOUR 
 
 
MODELING OF RAKE RECEIVER 
 
    In this chapter we attempt to explain the model we have used, the model is composed 
of the transmitter as shown in Figure(4-1) and the rake receiver as shown in Figure(4-2) 
which is the core of our model 
 
Figure 4-1 
TRANSMITTER 
 
 
 
 
Figure 4-2 
 
RAKE RECIEVE 
4-1 Transmitter 
 
       Contains a random generator, this block generates uniformly distributed random 
integers in the range [0, M-1], where M is the M- number defined in the dialog box  
M- number 
  The positive integer or vector of positive integers that indicates the range of output 
values. 
Initial seed     The initial seed value for the random number generator. The vector 
length of the seed determines the length of the output vector. 
Sample time    The period of each sample-based vector or each row of a frame-based 
matrix.(in this model the data bit rate is equal to 128kbps , but for simulation becomes 
128bps  
Frame-based outputs   Determines whether the output is frame-based or sample-
based. This box is active only if Interpret vector parameters as 1-D are unchecked. 
Samples per frame The number of samples in each column of a frame-based output 
signal. This field is active only if Frame-based outputs are checked. 
Interpret vector parameters as 1-D      If this box is checked, then the output is a 
one-dimensional signal. Otherwise, the output is a two-dimensional signal. This box is 
active only if Frame-based outputs are unchecked. 
 
 
 
 
 
 
 
 
 
 
 
 
                          Figure 4-3  
                  Signal Generator 
                                                                                                           
 
Other components of the transmitter is a relay which convert unipolar signal to bipolar 
signal 
. The Relay block allows its output to switch between two specified values. When the 
relay is on, it remains on until the input drops below the value of the 
 Switch off point parameter. When the relay is off, it remains off  
until the input exceeds the value of the Switch on point parameter.  
The block accepts one input and generates one output.  
The Switch on point value must be greater than or equal to 
 the Switch off point. Specifying a Switch on point value  
greater than the Switch off point value models hysteresis, 
 whereas specifying equal values models a switch with 
 a threshold at that value.                                                                                    
4-2 Modulation and Spreading 
      User data is here assumed to be a BPSK – modulated bit sequence of rate 128bps, the 
user data bits assuming the values of ±1. The spreading operation is the multiplication of 
each user data bit with a sequence of 3.84kcps. This wideband signal would then be 
transmitted across a wireless channel to the receiving end 
 
 
 
 
 
 
 
 
 
 
 
      Figure 4-4 Modulation & Spreading 
 
4-2-1  PN Sequence Generator 
                 The PN Sequence Generator block generates a sequence of pseudorandom 
binary numbers. A pseudo noise sequence can be used in a pseudorandom scrambler and 
descrambler. It can also be used in a direct-sequence spread-spectrum system. The PN 
Sequence Generator block uses a shift register to generate sequences, as shown below.  
All  registers in the generator update their values at each time step according to the value 
of the incoming arrow to the shift register. The adders perform addition modulo 2. The 
shift register is described by the Generator Polynomial parameter, which is a primitive 
binary polynomial in z, . 
The coefficient             is 1 if there is a connection from the kth register, as labeled in the 
preceding diagram, to the adder. The leading term          and the constant term        of the 
Generator Polynomial parameter must be 1. You can specify the Generator polynomial 
parameter using either of these formats:  
   1) A vector that lists the coefficients of the polynomial in descending order of powers. 
The first and last entries must be 1. Note that the length of this vector is one more than 
the degree of the generator polynomial. 
   2) A vector containing the exponents of z for the nonzero terms of the polynomial in 
descending order of powers. The last entry must be 0. 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 4-5 PN Sequence Generators 
 
In dialog box we specified the sample time (Period of each element of the output signal) 
here in this simulation is .26e-3.  
  
 
 
 4-2-2 Sine Wave 
    The carrier that is modulated using the data is chosen to  
be a sine wave with frequency 50 KHz and sample time 
equals 2.6e-6 which is less100 times than the sample time  
of the PN sequence to implement the BPSK 
modulation 
 
 
4-3  Multipath Fading Channel & Noise 
The Multipath fading channel is implemented using gain and delay blocks for each path 
and all paths are combined together at the end to get the Rayleigh fading signal, as shown 
below:   
 
 
 
 
 
 
 
 
 
Figure 4-6 multipath Fading channel 
Also an additive white Gaussian noise is added to the sent signal using a SNR equals 10 
dB 
With input signal power e-9 watts and symbol period 2.6e-6 
Consider the transmission of the signal 
 
 
The received signal can be written as follows: 
 
 
 
 
 
Where    
                             
                          is the weight coefficent of path  
                         is the time delay of path 
                         is additive noise channel 
 
 
 
 
4-4 RAKE recceiver stages 
    
     The RAKE receiver in this model consists of 5 stages : 
4-4-1-Bank of correlators : 
     The bank of correlators perform the correlation operation between the received signal 
from the fading channel and the local PN sequence shifted by different chips , the 
diagram of 
Figure 4-7 Correlator 
This opretion is shown above.  
The block of( In1) in this diagram  indicates the received signal where (In2) indicates the 
local PN code , this code is delyed by [0, cT ,2 cT ,3 cT ,4 cT ,5 cT ] respectively. 
As shown in the diagram the correlation is performed first by multiplying the received 
signal and the delayed version of the PN code and the local sine wave hence the system 
used is a passband, following the multiplication process is a passband filter with a 
frequency range set to pass the user data, then the passband filter is followed by a 
squaring operation and LPF to remove the higher frequency component of the sine wave 
(2nd harmonic) , the last block in the bank is a square root block to remove the effect of 
the squaring operation.  
The parameters of the delay, PBF and LPF blocks are shown next page 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
4-4-2 Selector 
  
   Seletor is the next stage of RAKE receiver, in this step the selector compares between 
input signals and select the higher one, in this model we need to select higher four signals 
from six inputs. The output is an integer number to indicate the delay of higher signal 
(i.e. if the output is 3 this means that the highest signal is the one delayed by 3 chips) and 
this will help us in implementing the next stage (tracking loop) to work properly. The 
digital logic is used to perform the selection  operation, a block provided by matlab called 
MAX is used, this block has the ability to select the strongest component of all inputs 
applied to it’s input ports, the output of this block will be directly the strongest path 
component and to be more specific this output will be the number of the strongest 
component, to obtain the 2nd strongest component a digital logic is used to exclude the 
strongest path selected by MAX block and apply the other 5 paths components to the 
same block (MAX) then the block will select the strongest path from these 5 components 
which will be the 2nd strongest path, the same logic is used to select the 3rd and 4th 
strongest paths. A complicated logic is used to implement the selection operation with 
many blocks used.  Each of these blocks used to implement a particular function, also 
many digital gates are used to perform the digital logic (e.g. and gates, invertors, etc.) 
also many data type conversion blocks are used to apply the proper data type at each 
stage of the selection operation. The two stages detail of the logic used to implement this 
selection is shown in the Figure (4-8): 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 4-8  Selectors 
 
 
 
 
4-4-2-1  PUT IN ORDER: 
                            This block diagram is used to organize the output signal from selector 
start with a big number of delay and decreasing up to small number of delay, same blocks 
as used in selector but in different logic are used to implement this operation 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 4-9 Put in order 
 
4-4-3 Tracking loop: 
           Following the put in order operation the signal is encountered by a code tracking 
loop. The code tracking loop is the core (main part) of the rake receiver, the need for the 
tracking loop is due to the effect of the fading channel on the transmitted signal; hence 
this loop is used to track the delay of the PN code changed with the time. 
The circuit of the tracking loop could be divided into two parts, the upper part perform 
the correlation operation between the output of the fading channel and the output of the 
lower part of the loop (i.e. the local code generated in the tracking loop), the correlation 
is performed in two parallel paths with two versions of the local code generated in the 
tracking loop(one version delayed by half a chip and the other is advanced by half a chip 
with respect to the PN code received from the fading channel), hence the outputs of those 
two correlation paths is expected to be 0.5 and they will be subtracted from each other, 
the output of the subtraction operation is applied as input for the VCO to control the 
frequency (discussed later), the VCO is assumed to be the first block in the lower part of 
the tracking loop. The lower part is responsible of the synchronization between the PN 
code coming from the fading channel and the PN code generated locally in the tracking 
loop; to perform this synchronization two main operations are done: 
1- The output of the selector is used to delay the local generated PN code by a 
number of chips equal to the delay encountered by the transmitted code in the 
fading channel. This will perform the initialization of the tracking loop (i.e. at the 
start of operation of the loop the local PN code will be aligned with the received 
PN code). 
2- It is known that the fading channel will cause the delay of the PN code to change 
with time, so to allow the loop to track this variable delay the VCO is used as a 
clock to the local PN code to shift the chips to perform the alignment, as said 
before the output of the subtraction operation between the two correlation paths is 
used to control the frequency of the VCO and hence to control the local PN code, 
and as known the correlation is used to compare between the two codes, so we 
can say that the similarity between the two codes(from the upper part) will control 
the local code generated in the lower part and this will perform the alignment. 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 4-10 Tracking loop 
 
 
 
4-4-3-1 VCO(Voltage Controlled Oscillator): 
          The Voltage-Controlled Oscillator (VCO) block generates a signal whose 
frequency shift from the Oscillation frequency parameter is proportional to the input 
signal. The input signal is interpreted as a voltage. If the input signal is u(t), then the 
output signal is: 
 
Where Ac is the Output amplitude parameter, fc is the Oscillation frequency 
parameter, kc is the Input sensitivity parameter, and  is the Initial phase parameter. 
This block uses a continuous-time integrator to interpret the equation above. The 
input and output signals are both sample-based scalars. 
 
The parameters of the voltage 
Controlled oscillators are 
shown on the right side: 
 
 
 
 
 
 
 4-4-3-2 Local PN code 
 
 
Figure  
4-11 
Local  
PN  
code 
Generation of PN code is implemented using shift registers as shown in diagram 
above The D flip-flop block has the following characteristic table:   
                     Q(t)  D(t)     Q(tnext) 
                       ------------------------ 
                         0       0            0 
                         0       1            1 
                         1       0            0 
                         1       1             1 
 Q(t next) refers to the output on a clock pulse (CLK) rising edge and when the chip is 
enabled (!CLR ~= 0). The D flip-flop transfers "data" into a memory element (flip-
flop) on each clock pulse (CLK). The chip enable input signal,! CLR, is sometimes 
given the designation G (for gate) to indicate that this input enables the gated latch 
allowing data entry into the flip-flop. These sex of D flip-flop are used to generate PN 
code with initial input [ 0 0 0 0 0 1]   
In1 is output of VCO and this is the clock pulse (CLK) of the d flip-flop. Two output 
are given by this PN sequence (out1 & out2 ) shifted by one register    
4-4-4 Alignments and despreading 
            We organized the delay signal in previous step; the output of biggest one is 
despread directly. The next one is subtracted from biggest one, the result is delayed again 
and the process continues until the last signal. The diagram of this logic is shown in 
Figure(4-12) 
 
 
 
 
 
 
 
 
 
 
Figure 4-12   Alignments and despreading 
 
To despread; the received signal is multiplied by the output by the tracking loops(see 
paragraph(4-4-3). Then the out put of all fingers are combined together used simple 
adder to get final signal ; signals are combined together to get the final signal which 
has then to be modulated 
4-4-5 Demodulation 
To demodulate the received signal we used same carrier that was used in modulation 
signal, this process is shown below  
 
 
     
 
 
 
 
Figure 4-13 
Demodulation 
 
Where input indicates the modulating signal and [sin] is the local carrier, these two 
signal are multiplied together and by the constant (2) .The integration process is 
carried by using low pass filter (LPF) 
 
 
 
 
 
 
 
 
 
 
 
CHAPTER FIVE 
RESULTS 
      In this chapter we go in details in every stage of our model to show how this 
model work,  
5-1 Modulation and spreading 
After we generate a local signal as explained in previous chapter, we apply the out put 
to block of modulation and spreading, the result of modulation and spreading is 
shown Figure (5-1): 
 
  
 
 
 
 
 
 
 
 
                                         Figure 5-1 
                            Modulation and Spreading  
In this diagram the first one shows the modulated signal, second one shows the out 
put of PN code, and the final one shows modulated signal after spreading, the chip 
rate in WCDMA is 3.84 Mcps then the sample time should be 2.6µsec, but this value 
make the simulation very small , so that it is multiplied as in all our parameters by  
1000 ,hence  it becomes 2.6e-3 sec .On the other hand the bit rate is 128 Kbps should 
be 128 bps , this signal has the processing gain 15dB (10log 3.84e6/128e3) , from the 
interference present in the CDMA system .This effect is termed ‘processing gain’ and 
is a fundamental aspect of all CDMA systems 
It is important to understand that spreading/despreading by itself does not provide any 
signal enhancement for wireless applications. Indeed, the processing gain comes at 
the price of an increased transmission bandwidth  
5-2 Multipath Fading Channel and Noise 
As mentioned in chapter four, the Multipath is implemented by delay blocks and 
combined together; the result of this process is shown in Figure (5-2)   
 
The first diagram shows the 
out put from the first path, 
the second one shows the  
second path and the third one  
shows the third path. 
The fourth diagram shows the  
combined of all these three  
paths before adding together, the  
output  looks as one signal because 
all the three paths are delayed with the 
same delay sample as shown below 
The fifth one after adding and  
the last one indicates the  
signal before Multipath channel  
 
  
 
 
 
 
The last two figure show the 
 combination of three paths incase 
 of different delay sample before adding 
together and after adding together respectively           Figure( 5-2) 
 The effect of adding noise to the signal is shown in Figure (5-3) 
 
 
The first figure shows the signal  
before  fading channel and 
the second one is after fading 
channel, and the last one after adding 
noise 
The signal power needs to be typically  
a few decibels above the noise, the  
required power density  is designated 
as Es/No ,where Es is the energy or power 
density and No is the noise power density .In  
this model Es/No = 10 dB 
 
                                                                                              Figure (5-3) 
 
5-3 Rake Receiver    
As we mentioned before , the RAKE receiver contains five stages, these stages are 
(1)bank of correlators ,(2) selector , (3)tracking loop , (4)alignment ,despreading and 
combiner ,  and (5)demodulation  .here we discuss the result of each stage 
5-3-1 bank of correlators 
      For the receiver ,the output of the correlator can be written as 
 
 
Where: rx(t) is the received signal , pn(t) local code multiplied by local carrier 
The PN sequence has an autocorrelation function with property 
                            
                                        pn(t)pn(t) = 1 
                                       pn(t)pn(t-τ)≠ 1 
The result is shown in Figure( 5-4) 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
                                                     Figure (5-4) 
     5-3-2     Selector  
in this stage we select the strongest signal from correlator, a test of this block is 
shown in Figure (5-5) 
 
 
 
 
Figure (5-5) 
 
As shown above when we apply random input ,the selector selects the highest one 
and goes to next one and so on ,it determine the number of highest input not the 
value, now we need to organize theses output from the highest number of input to 
the lowest one, this process is shown in Figure (5-6) 
 
 
 
 
 
 
 
 
 
 
Figure (5-6) Selector and Put in order 
5-3-3 Tracking loop 
 Once the complete received signal, we try to synchronize it.Within each 
correlation receiver, we have to track the fast-changing phase and amplitude 
values originating from the fading process .this tracking process has to be very 
fast .the result is shown in Figure (5-7) 
  
 The above diagram illustrates 
the PN code while the other  
one shows the code generated  
by the tracking loop. As we  
see the local code synchronizes 
With PN code 
 
 
 
                                                                                        Figure (5-7)    
 5-3-4 Alignment ,despreading  
In this stage all outputs signals are aligned as in step(4-4-4), then multiplied by 
the outputs of the tracking loops such that all these signal have the same phase as 
shown in Figure (5-8) 
 
 
 
 
 
 
 
 
 
 
 
 
                                                       Figure (5-8) 
On the right figure, the last diagram shows the combined signal while the first ,2nd 
,3rd and 4th diagram show the output after despreading (modulated signal) 
5-3-5 Demodulation 
The received signal after demodulation is illustrated in second diagram in Figure 
( 5-9) below where the transmitted signal is the above one 
 
  
 
 
 
 
 
 
CHAPTER SIX 
 
ANALYSIS OF RESULTS 
 
 
 
         From the results obtained after running the program and for several cases to 
see the influence of the change on these result due to an increase in the number of 
paths and increase the number of selectors, as shown in Figures (6-1, 6-2, 6-3, and 
6-4) which show the rate of error change in each case. 
When we have two paths and three selectors, the error range is about .0009 and 
reduces gradually when the number of selectors increases to four, to become 
.0005. 
The error then drops to .00029 when paths increase to three paths and selectors to 
three. The error drops to .00025 when number of selectors becomes four, so an 
increase in the number of paths and figures in the rake receiver leads to 
enhancement in the bit error rate. 
Then the rake receiver is able to overcomes the problem of fading channel due to 
multipath, though the presence multipath was quite a handicap to the proper 
reception of CDMA, it has now become an advantage for a better performance 
because the more paths that exit, the better the reception of RAKE receiver and 
the lesser the error rate incurred  
We note that from these results that the error ratios were constant. As the number 
of bits increases, the error ratio starts to rise such that its ratio is constant 
As the error ratio is in the shape of a straight line, this indicates that the receiver 
deals with the signal according to various conditions in a good manner. The error 
ratio drops only if the number of paths or the number of selectors increases  
 
             
  
 
 
 
 
 
 
 
 
 
Figure 6-1 
Result of two path, three selectors 
 
       
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 6-2 
Result of two path, four selectors 
 
 
 
 
 
 
 
 
 
   Figure 6-3 
Result of three path, three selectors 
 
 
 
 
 
 
 
 
 
 
 
 
Figure 6-4 
Result of three path, four selectors  
 
 
 
 6-5 Effect of noise 
      There are many ways in which digital communication systems might be compared. 
One of the most important comparisons is based on how efficiency the system can utilize 
the available signal energy to transmit information. A useful measure of this efficiency is 
the energy per bit (or per symbol). Since all systems have noise in them, the energy 
utilization is defined as Es/No, where Es is the energy per symbol and No is the one-
sided noise spectral density  (5)  
To employ the energy utilization in comparing our model, we simulate this model in four 
cases as discuss before, it is necessary to relate (Es/No) to the bit error, to show how the 
change in Es/No will effect on bit error rate, however, the change in fingers and paths. 
This result shown below 
 
 
 
  
 
 
 
 
 
 
 
 
 
 
 
Figure 6-5 log(BER) vs. Es/No 
         
 The Figure(6-5) shows clearly the effect of bit error rate, whenever the Es/No, for each 
case in the study. From it we can note the extent of the influence of the multipath. The 
more paths there are, the less error rate we have. 
In the case of three paths and three selectors, the error rate drops more than the case 
where these are two paths and four selectors, despite the increase in the number of 
selectors. In the second case the signal did not improve while it improved when the paths 
increase from two to three. 
In the case of four selectors and two paths, and four selectors and three paths, bit error 
dropped in the second case at a greater rate 
There is a great proximity between three selectors, three paths and four selectors, three 
paths because the influence of multipath has been nullified in this case and only the effect 
of the selector exits, which improves the signal slightly   
To compare this study with previous one (6), and to a conventional receiver. Figure6-6 
below shows previous study compare between RAKE and conventional receiver. In this 
diagram the red color shows RAKE receiver, where the green one shows a conventional 
receiver. The RAKE receiver will gives about 2dB of gain when compare to the 
conventional receiver 
 
 
 
 
 
 
 
 
 
 
 
Figure 6-6 Comparison of BER performance between correlation receiver and 
RAKE receiver 
 
It is clearly seen that a RAKE receiver performed much better than conventional receiver, 
CHAPTER SEVEN 
COMMENTS AND CONLUSION 
 
 
7-1 COMMENTS 
     
       The block of fading channel in simulink program does not give acceptable results 
because it operates only in the baseband frequencies, so we applied some delays 
multiplied by factors that lead to Rayleigh fading. . 
Other limitations we have never changed the code of any blocks in simulink, hence have 
not been able to control the results of our model. We have only changed the properties of 
the blocks to get as good results as possible  
In future models, either the blocks codes are to be changed in order to have better control 
or to device our own code without using simulink program 
 
7-2 CONCLUSION  
     Simulation was carried out  to study the performance of RAKE receiver in a multipath 
channel. It was observed that, the greater the number of  paths, the better the signal 
received  
Also the more fingers (selectors) we have, the better the received signal. 
Then AWGN channel model is fallowed to our model, to provide proper channel noise. 
The result shows that increasing of Es/No, decrease the bit error    
    These results as discussed before are limited by simulink program blocks. But we have 
adjusted them to obtain the best possible results.     
   
Appendix A 
 
Model of RAKE receiver  
 
Four selectors 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
 
Appendix B 
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